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57 ABSTRACT 

A method for Simulating the response of a circuit to one or 
more Stimulating Signals using a digital computer. The 
circuit is represented by N nodes. Each node is connected to 
one or more devices. The nodes are held at a set of potentials 
represented by 

H 

x(t) = x, e. 

where X,-,-X, , , in runs from 1 to N, and H is an integer 
greater than 0. The method of the present invention deter 
mines the values of the X, by iteratively computing a new 
estimate for X-Xio, . . . , X1, X20, . . . , X2, . . . . 
Xyo. . . . X) from a previous estimate for X based on F, 
for n from 1 to N and h from 0 to H. Here, F, is the net 
current flowing into node n at frequency (). The net current 
at node n includes a non-linear resistive component r(X(t)) 
and a non-linear charge storage component q(x(t)), where 
X(t) is a vector having components X(t). The method of the 
present invention defines a set of mapped frequencies {o} 
wherein Osks S-1, SeH+1. There is a integer valued 
function u(h) such that, (), is mapped to can where 
Osuh)s S-1 for h=0 to H. Here, Co. is an integer, and 
(0.76 if kak'. The present invention iteratively solves the 
Vector equation F-Flo, . . . , F, F20, . . . , Fr. . . . , 
Fyo. . . . Fr. I=0. In each iteration, the quantities, 

P.--- and Po. --- s 

where C. and B run from 1 to N, for S=0 to 2S-1 are 
generated. The quantities ('Ao, 'A1, ..., “A.) are then 
generated from ("P), “ . . . , 's) by taking the 
Fourier transform of ("o, “... . . . , 's-). Similarly, 
the quantities ('do, “Pd,..., “Pops) are generated from 
("Pop, 'Pop.,..., “Pops) by taking the Fourier transform 
of (“po, “Pop, . . . , 'pas). It can be shown that only a 
subset of {A} and {d} need be stored. 

8 Claims, 1 Drawing Sheet 
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METHOD FOR REDUCING THE MEMORY 
REQUIRED TO SIMULATING ACIRCUIT 

ON A DIGITAL COMPUTER 

FIELD OF THE INVENTION 

The present invention relates to computer programs for 
Simulating electronic circuits on a computer, and more 
particularly, to a method for reducing the memory require 
ments imposed on the computer. 

BACKGROUND OF THE INVENTION 

The complexity of modem integrated circuits and the high 
cost of fabricating prototypes has led to the development of 
a class of computer programs that Simulate the operation of 
a circuit. These Simulators aid the designer in determining 
the proper bias Voltages to be applied to the various com 
ponents and in Verifying the operation of the circuit before 
resources are committed to the fabrication of prototypes. 

The circuit to be simulated is typically described in terms 
of a list of nodes and the components connected to each 
node. The user may actually provide a net list or a graphical 
representation of the circuit from which the program derives 
the net list. Each component may be viewed as a device that 
Sources or sinks a current whose amplitude and phase are 
determined by the voltage at the node to which it is 
connected, and possibly, by the previous Voltages at the node 
in question. The user may define particular components or 
utilize a library of standard components provided with the 
Simulation program. 

The Simulation program finds the Set of node Voltages that 
lead to a circuit in which the Sum of the currents at each node 
is zero. This is the voltage at which the currents provided by 
components that are the Source of currents is exactly 
matched by the currents Sinked by the remaining compo 
nents. Each component is described by a Subroutine that 
provides the current Sinked or Sourced by the component in 
response to an input Voltage. AS will be explained in more 
detail below, the component Subroutines may also provide 
the first derivatives of the current with respect to the node 
Voltages. In addition, the output of a component Subroutine 
may depend on the history of the node to which the 
corresponding component is connected. For example, if the 
component contains inductors or capacitors, than the current 
will depend on the node Voltage and the rate of change of the 
node Voltage with time. The rate of change of the node 
Voltage may be computed from the previous values of the 
node Voltages, i.e., the "history of the nodes'. 

The Simplest type of Simulation determines the Steady 
State behavior of the circuit, i.e., its DC operating conditions. 
Such simulations are particularly useful in Setting various 
bias Voltages on key nodes in the circuit. Under Steady-State 
conditions, the Solution of the Simulation problem typically 
reduces to the inversion of an NxN sparse matrix, where N 
is the number of nodes in the circuit. 

The Simulation of the circuit under AC operating condi 
tions is Substantially more complex. Typically, the designer 
wishes to determine the Voltage as a function of time at one 
or more nodes in the circuit when an input node is connected 
to a Voltage Source that varies with time. AS noted above, 
one or more of the circuit components will Sink or Source 
currents whose amplitude and phase depend on the rate of 
change of the node Voltage as well as the node Voltage itself. 
Hence, the requirement that the currents entering a node are 
balanced by the currents leaving the node leads to System of 
differential equations. A circuit having N nodes is now 
described by an NxN system of differential equations. 
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2 
Numerical methods for solving such systems of differen 

tial equations are known. These methods typically require an 
iterative process at each time point. Each iteration involves 
the inversion of an NxN matrix. Hence, the numerical 
difficulty of predicting the node Voltages at any given time 
is many times greater than that of a simple DC Simulation. 

Furthermore, the Solution must be repeated at each time 
point. The spacing of the time points is typically determined 
by the highest frequency expected at any node having a 
component connected thereto whose output depends on the 
rate of change of the node Voltage, i.e., the first derivative of 
the node voltage. The first derivative is determined by fitting 
the current node Voltage and one or previous node Voltages 
to a curve. The slope of the curve is then used as an 
approximation to the first derivative. If Successive time 
points are too far apart, the approximation will lead to a 
significant error in the first derivative. It should be noted that 
Such an error is equivalent to making an error in an inductor 
or capacitor value in the circuit. Hence, Simulations of 
transients will have an error that increase with the time Step 
size. Thus, the required number of Steps per Second may be 
an order of magnitude higher than the highest frequency at 
the most Sensitive node. 

Consider a simulation in which the input signal to the 
circuit is a 10 kHz modulation of a 10 ghz microwave 
Signal. To View the circuit response over 10 cycles of the 
modulation envelop, i.e., one millisecond, with a step size 
equal to one tenth the period of the carrier, the circuit 
behavior must be computed at 100 million time points. If the 
behavior at each of 1000 modes is to be recovered, the 
Storage Space for the results alone becomes a problem. 

If the input wave form is periodic, the computational 
difficulty can be Substantially reduced using harmonic bal 
ancing methods for computing the behavior of the circuit. In 
this case, the input signal may be written as a Sum of 
Sinusoids having fixed amplitudes. Each circuit component 
must provide the current Sourced or Sinked by that compo 
nent in response to each of the Sinusoids at the node 
connected to the component. If the input signal is repre 
Sented by 10 Sinusoids, the component must provide 10 
current values plus the currents at harmonics of these values. 
It should be noted that each current is a complex number 
representing the current's amplitude and phase. The currents 
at the harmonics are needed because a non-linear device 
may excite one or more harmonics of an input signal. The 
Simulation problem is then reduced to Solving a Set of 
non-linear equations in which the currents entering and 
leaving each node at each frequency are balanced. 
The Harmonic Balance technique provides its advantages 

by eliminating the need to compute Solutions at each time 
point. In this case, the solution of the (2H+1)N real non 
linear equations provides the Steady State Solution to the 
simulation problem. Here, H is the number of harmonics for 
which each device must provide current data. The difficulty 
of Solving the Harmonic Balance equations, however, limits 
the method to circuits and waveforms for which the Solution 
of (2H+1)N non-linear equations can be accomplished. 
The traditional approach to Solving the Harmonic Balance 

equations utilizes the Newton-Raphson method for Solving 
non-linear Systems of equations. This System requires the 
solution of an (2H+1)N by (2H+1)N matrix which is nor 
mally accomplished by LU factorization. This method is not 
efficient for large Systems of equations, Since the memory 
required to factor the matrix rises as O(N*H) and the 
computational workload rises as O(N*H) where 1so.s3. 
One method for reducing the computational workload for 

large Systems of Harmonic Balance equations is known as 
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the Krylov subspace method. This method replaces the 
problem of factoring the Jacobian matrix mentioned above 
by an iterative process involving multiplications of the 
Jacobian matrix with a vector that changes with each itera 
tion. The computational workload for the Krylov method 
increases as O(N'HlogH), while the memory storage rises as 
O(H). 

However, even with the computational advantages of the 
Krylov method, the memory needed to Store a representation 
for the Jacobian matrix during the proceSS dominates the 
memory requirements of the Simulator. If the memory 
requirement exceeds the available RAM, the matrix repre 
Sentation must be moved to disk which results in an unac 
ceptable increase in the processing time. Hence, the size of 
the circuit that can be simulated is limited by the memory 
requirements imposed by the need to Store the Jacobian 
matrix. 

Broadly, it is the object of the present invention to provide 
an improved method for Simulating an electronic circuit on 
a computer. 

It is a further object of the present invention to provide a 
Simulator that requires leSS memory than prior art Simula 
torS. 

These and other objects of the present invention will 
become apparent to those skilled in the art from the follow 
ing detailed description of the invention and the accompa 
nying drawings. 

SUMMARY OF THE INVENTION 

The present invention comprises a method for simulating 
the response of a circuit to one or more Stimulating Signals 
using a digital computer. The circuit is represented by N 
nodes, where N is an integer greater than 1. Each node is 
connected to one or more devices. The nodes are held at a 
Set of potentials represented by 

H 

x(t) = x, le", 

where X=X, runs from 1 to N, and H is an integer 
greater than 0. The method of the present invention deter 
mines the values of the X, by iteratively computing a new 
estimate for X-Xio, . . . , X1, X20, . . . , X2, . . . . 
Xyo. . . . Xavi from a previous estimate for X based on F, 
for n from 1 to N and h from 0 to H. Here, F, is the net 
current flowing into node n at frequency (). The net current 
at node n includes a non-linear resistive component r(X(t)) 
and a non-linear charge Storage component q(x(t)), where 
X(t) is a vector having components x(t). The method of the 
present invention defines a set of mapped frequencies {o} 
wherein Osks S-1, SeH+1. There is a integer valued 
function u(h) Such that co, is mapped to ut(h), where 0s it 
(h)s S-1 for h=0 to H. Here, () is an integer, and dozco.if 
kak'. The maximum value of {6} is less than the maximum 
value of {(t)} divided by the greatest common denominator 
of all the non-zero (). The present invention defines a 
starting value for X; and then determines the value of X for 
which F-Flo, ..., Firr, F20, ..., F2, ..., Fyo. . . . Fwirl 
is 0 in an iterative procedure. In each iteration, the 
quantities, 

CPA = dxp and Pop. = s 

where C. and B run from 1 to N, for s=0 to 2S-1 are 
generated. The quantities ('Ao, 'A1, ..., “A.) are then 
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4 
generated from (“o, “... . . . , 's) by taking the 
Fourier transform of (" "), ..., “Ps). Similarly, 
the quantities ('do, “d,..., “Pd) are generated from 
("po, “Pop, . . . , 'pas) by taking the Fourier transform 
of ("Popo, “Pop, . . . , 'pas). The quantities {AS=u(m) 
+u(n) or S=|u(m)-u(n) or S=2S--(m)-u(n), Ss S, for Osm, 
ns H} and {*dS=u(m)+u(n) or S-1a(m)-u(n) or S=2S 
pu(m)-u(n), Ss S, for Osm,ns H are stored in the computer 
and the Stored values are utilized to compute the product of 
a Jacobian matrix of F times a vector. Here, 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a flow chart for the basic iteration process used 
in the present invention. 

DETAILED DESCRIPTION OF THE 
PREFERRED EMBODIMENTS OF THE 

INVENTION 

The present invention may be more easily discussed with 
the aid of vector notation. Vector quantities will be denoted 
by bold type in the following discussion. Unless otherwise 
indicated, a vector will be assumed to have one component 
asSociated with each of the circuit nodes. For example, each 
circuit node may be connected to a current Source which 
provides a current w(t) to the n" current node. The vector 
w(t) denotes w(t), W(t), . . . , w(t). In terms of this 
notation, the current balancing equations that describe the 
circuit may be written in the form 

Here, X(t) is the Voltage as a function of time at the N nodes, 
r is the non-linear resistive currents at the N nodes, and q is 
the non-linear charge functions at the N nodes. The effects 
of the linear circuit elements have been combined into a 
matrix y(t) of impulse responses. 
The Harmonic Balance method replaces various arbitrary 

time functions by quasi-Fourier Series of the form 

(2) 

where X,-,-X, , , H is the total number of harmonics 
assumed to be present. Similarly, 

g Rejoht (3) r(x(t)= Rel 
* on (4) q(x)) - One 

and 

w(0-S. We (5) 
If the relationships shown in Eqs. (2)–(5) are substituted into 
Eq. (1), Eq. (1) can be rewritten as a set of H+1 vector 
equations of the form 

F(X, . . . . Xv)=Ri, (X-1, 
W=0 for Oshs H (6) 

Where Y is a matrix representing the linear devices in the 
frequency domain. Y, is the hth component of the Fourier 
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transform of y(t). The matrix Y may be obtained from the 
Fourier transform of y(t). 

The circuit Simulation problem may be restated as the 
problem of finding the values of the vectors X, for which 
F(X,..., X)=0 for all values of h. To further simplify the 
following discussion, define 

F-Flo, . . . . Fr. F20, . . . . F.H. . . . . Fwo; . . . Fwril (7) 

and 

X-X10. . . . . X1, X20. . . . . X211. . . . . Xvo. . . . Xyril (8) 

Given an estimate of X, X, a new estimate for X, denoted 
by "X may be obtained using the Newton-Raphson method 

where 
Here, (OF/0X) denotes the inverse of the Jacobian matrix. 

(9) 

Because both F and X are vectors of complex quantities, the 
Jacobian elements are 2x2 matrices of the form 

dFahre dFahre (10) 
dXire dXin 
dFnhim of him 
dXire dXin 

Here, F, and F., are the real and imaginary parts of 
F, respectively. Similarly X and X are the real and 
imaginary parts of X, respectively. As noted above, for 
large problems, the Solution to the problem described by Eq. 
(10) is best performed through the iterative Krylov-subspace 
based algorithms. Since these methods are well known to 
those skilled in the art, they will not be discussed in detail 
here. The reader is referred to R. Melville, P. Feldmann, and 
J. Roychowdhury, “Efficient Multi-Tone Distortion Analysis 
of Analog Integrated Circuits', Proceedings of the 1995 
IEEE Custom Integrated Circuits Conference, May, 1995, 
which is hereby incorporated by reference, for a more 
detailed description of the methods. For the purposes of the 
present discussion, it is Sufficient to note that these algo 
rithms are all based on computing the vector obtained by 
multiplying the Jacobian by a vector that changes at each 
iteration. 
To carry out the iteration represented by Eq. (9), the 

Jacobian must be computed for each new value of X. In 
addition, a compact representation of the Jacobian must be 
Stored in Some form in the memory of the computer So that 
the various matrix-vector multiplications can be performed. 
It will be appreciated that the memory required to Store a 
representation of the Jacobian can be very large. The present 
invention provides a method for efficiently computing and 
Storing the Jacobian matrix. 

Given a value for X, the computer must compute the 
vectors R, and Q, and the computer must compute the 
various first derivatives of these vectors. In principle, R, and 
Q be obtained from the Fourier transform of r(x(t)) and 
q(x(t)). The computational workload inherent in this com 
putation may be Substantially reduced if the transforms can 
be computed using FFT or DFT methods. In addition, using 
FFT/DFT methods improves the accuracy of the solution. 
However, to apply Such methods, the Set of frequencies, 
{(i)} must be harmonically related or artificially remapped 
to be harmonically related as described below. 

The choice of frequencies are Selected in the present 
invention based on a harmonic truncation and re-mapping 
Scheme to reduce the computational workload and memory 
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6 
needed to compute the Fourier transforms. Consider the case 
in which the various excitation Sources have frequencies S2, 
22, . . . , S2. Here, M is a positive integer. In general, the 

set of frequencies {col} will be chosen from the set of 
frequencies that may be represented in the form (kSP+ 
k2S22+. . .+k(S2). In general, these frequencies are not 
harmonically related, i.e., there is no frequency () for which 

(11) 

for all values of h, where k, is an integer. In addition, even 
if Eq. (11) were satisfied, the range of frequencies repre 
sented by {(i)} may be too large. For example, the compu 
tation of the Fourier transform of r(x(t)) at frequency co, 
requires, in effect, an integration of the form 

(Oikoo 

(12) ce 

The number of Sample points required to perform this 
integration depends on the range of frequencies in {(t)}. In 
the case in which the frequencies are harmonically related, 
Eq. (12) can by replaced by a FFT or DFT applied to a vector 
consisting of the Sampled time values, i.e., 

R= Tr(X), (13) 

where 

r(x(to)) (14) 

r(x) = 

r(etts-) 
However, the number of samples needed, i.e., the value of S', 
depends on the range of frequencies in the set {(i)}. 

Hence, it is advantageous to transform the problem to a 
new frequency space for the purposes of computing the 
Fourier transforms needed to obtain R, and Q. The trans 
formation replaces each (), by a new frequency (), such that 
the frequencies co, are harmonically related, the maximum 
value of {6,} is less than the maximum value {(i)} divided 
by the greatest common denominator of all the non-Zero 
{(i)}, and the coefficients R, and Q, are the same as those 
computed above for the original frequency Set. That is, 

a. H M (15) 
x(t) = X. Xiejou(h) 

h=-H 

RG()-.S. Reid) (16) (t) = elli hi H'" 
and 

(17) 

where u(h) is the mapping from the original frequency set to 
the new frequency Set. In general, (a) is an integer multiple 
of u(h). For simplicity, the following discussion will assume 
that co-u(h). The number of frequencies, S, in the new 
frequency Set will depend on the number of Samples used in 
the FFT to compute R, and Q. S will often be greater than 
H+1 to provide increased computational accuracy. The 
methods for performing this type of mapping are known to 
those skilled in the art, and hence, will not be discussed in 
detail here. The reader is referred to D. Hente and R. H. 
Jansen, “Frequency Domain Continuation Method for the 
Analysis and Stability Investigation of Nonlinear Micro 
wave Circuits’, IEEE Proceedings, part H, volume 133, no. 
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5, October 1986, pp. 351-362, for a detailed description of 
the mapping methods. For the purposes of the present 
discussion, it is Sufficient to note that each fundamental 
frequency S2, is replaced by an integer-valued remap fre 
quency G2. Such that 

and (), is mapped to one, and only one, of the {o} for each 
value of h. That is, (), is mapped to (a) , where u(h) is an 
integer valued function. Here, 0s uS-1. 

For circuit elements that have algebraic nonlinearities, the 
Fourier transform of r(x(t)) and q(x(t)) can be computed 
from the Fourier transforms of r(x(t)) and q(x(t)). Assume 
that the non-linearities are measured by Sampling the circuit 
elements at 2S time points in the time-domain. Then it can 
be shown that 

r(x(to)) (18) 

Rh = Tr(x))(), where r(t) = 
r(etts-) 

g(x(to)) (19) 

Q-Tacol, where q()- . 
aci?ts-) 

and 

Y=T(y(t), y(t), . . . , y(tas 1)) (20) 

Here, T and T denote the single-sided forward and back 
ward Discrete Fourier Transform matrices. Since the new 
frequency Space has a Smaller range of frequency Values, S 
will be significantly less than S' shown in Eq. (14). 

The Jacobian matrix consists of a sparse NXN collection 
of Square blocks, denoted by “J. Consider the case in 
which the block corresponds to a resistive nonlinearity, i.e., 
the corresponding node has only a resistive nonlinearity. 
Define 

dro (ts) (21) 
dxp CPA = 

where C. and B run from 1 to N. Define ("Ao, “A, ..., 
“A) to be the 2S-point, single sided Discrete Fourier 
Transform of the (“o, “.....," as ). Then it can be 
shown that the (H+1)x(H+1) Jacobian blocks consist of 2x2 
quads having the form 

Pi=fu(m)-u(n)+w°Pu(m)+u(n), (22) 
where 

CBAR -CBAI (23) 
tg : 

CBA CBAR 

and 

CBAR CBA (24) 
w; : 

CBA -CBAR 

where Osm,ns H and it is the mapping described above. 
For a capacitive non-linearity, define 

C dqo (ts) (25) 
Pops = dxp 

where C. and ? run from 1 to N and X=X,..., X). Define 
(*d, *d, . . . , 'ds) to be the 2S-point, single sided 
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8 
Discrete Fourier Transform of the (“po 'p,...,'pas). 
In addition, a nonlinear capacitive block requires an addi 
tional multiplication on the left by a diagonal matrix of H+1 
quads. That is, for a nonlinear capacitive block, 

O O) (26) 
t= () O 

and 

CBdbi (27) 

-CBob R 

O O) 

w = () O 

if a node has both resistive and capacitive nonlinear terms, 
than the tk are the sum of the terms shown in Eqs. (23) and 
(26). Similarly, w"k is the sum of the terms shown in Eqs. 
(24) and (27). 

In general, S is larger than H. This results from the need 
to over Sample to provide Sufficient accuracy in the compu 
tation of R, and Q, the mapping between the original 
frequency Set and the frequency Set used to compute R, and 
Q. In addition, S must be increased to the nearest power of 
2 to allow the application of the FFT methods. It should be 
noted that the minimum value of S is (), i.e., the maximum 
used frequency in the transformed frequency Space. 

The present invention provides a method for carrying out 
the multiplications of the Jacobian times the vectors in the 
Krylov iteration without the need to store all of the “A 
values. Consider the product of the Jacobian with a vector, 
V. The vector V has length NH and may viewed as a Sequence 
N Smaller complex vectors of length H, i.e., 

CBdR -Cfdb. 

CBdbi CBdR 

CBdR 

CBdbi 

v=v, v, . . . , 'v (28) 

The product of v and the Jacobian may be written as 

Jv = CRIB, (29) 

(30) 

joincy,"Paca) aco) + y, "Pacmaea)} 
where 

A k = Ak P_k = pk, Ask = Ask, Psk = 

d's for O is k is S - 1. 

Hence, the product of the Jacobian times a vector requires 
only a subset of the “A values. It can be seen from Eq. (30) 
that only 

and 

needs to be Stored. The Storage Savings, however, requires 
Some alterations in the above described procedures. The 
optimum approach depends on the Specific circuit being 
simulated. Denote the number of entries in the set shown in 
Eq. (31) by L. If LzzlogS for all entries in block-row C, the 
matrix-vector products are computed using Eq. (30). 

Alternatively, the matrix-vector products can be com 
puted in O(SlogS) by using an extra FFT to “unpack” the 
Stored values. To Simplify the discussion, the case in which 
only resistive non-linearities are present will be discussed 
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below. It will be apparent to those skilled in the art from the 
following discussion that the same method may be 
employed to unpack the capacitive terms. The unpacking is 
accomplished by computing a set of vectorsp according to 

(32) Bw, if there is an h such that S = u(h) 
O, otherwise 

The packed data shown in Eq. (31) is then used to generate 
an array (PA, PA, ..., PA.) according to 

PA, if PA is in the set (31a) (33) 
GA = 

O, otherwise 

The array (“PA, 'A,..., “A.) is then transformed using 
a single-sided inverse FFT to obtain the corresponding 
time-domain samples (“o, “ . . . . , 's-). The 
Jacobian-vector products are then computed via an FFT, 
according to 

PJPvL-TPDT-Pp. (34) 

where, 

of O ... O (35) 

O CP, ... O 
CED 

O O Pas 

If capacitive non-linearities are also present, define 

ofdb., if old, is in the set (31b) (36) 
of db = 

O, otherwise 

The array (Pd, Pd, ...,d) is then transformed using 
a single-sided inverse FFT to obtain the corresponding 
time-domain samples ('po, “p, ..., “ps) which are 
used to define a diagonal matrix 

Popo O ... O (37) 
O Pop ... O 

CD = 

O O Popas 

The Jacobia vector products are ther computed as follows: 
PJPyla-TPDTPpI-jo, TPD.T Pp. (38) 

The product for row C. requires only 2S multiplies for each 
resistive nonlinear block in row C. followed by additions and 
an FFT. Similarly, 2S multiplies are required for each 
capacitive block, followed by additions, an FFT, and mul 
tiplication by jo); hence, the computational workload is 
O(SlogS). The cost of the inverse FFT is only incurred once 
for all blocks of the Jacobian associated with the same 
circuit node. The determination of which method to use is 
made at run-time depending on the values of S and L. It 
should be noted that both of these methods are exact. 

The memory associated with the Storage of the packed 
Jacobian spectral Samples given in Eqs. (31a) and (31b) 
typically dominates all other memory usage by the Simula 
tor. For very large problems, it may be necessary to further 
reduce memory usage. This can be accomplished in the 
present invention by using approximations for the Spectrum. 
This leads to an approximation for the Jacobian. 
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10 
Two techniques may be used to approximate the 

Spectrum, thereby reducing the memory requirements. In the 
first technique, referred to as “bandwidth limitation', each of 
the blockS is assigned a maximum bandwidth and only those 
spectral samples for which is, are stored. The remaining 
Samples are assumed to be Zero. The bandwidth parameter is 
chosen Such that the excluded Samples have amplitudes 
below a predetermined threshold value. 

In the Second technique, only those spectral Samples 
having amplitudes above a predetermined threshold are 
Stored. While this technique requires fewer spectral Samples 
to be Stored, a Separate Storage array Specifying which 
Samples are Stored must be allocated. The choice between 
these two techniques is made at run-time when the data 
needed to determine which technique requires the Smaller 
Storage is available. 
The procedure for finding the value of X that solves the 

current equations shown in Eq. (6) is shown in flow chart 
form in FIG. 1. The value of S to be used in the frequency 
mapping is input to the Solver and the frequency mapping 
determined as shown at 12. An initial guess for X is also 
input. Given a value for X and the frequency mapping, the 
values for the Ashown in Eq. (26) are computed and stored 
as shown at 13. The Stored values are then used to compute 
the updated value for X using the Krylov method as shown 
at 14. If the values of X have converged as shown at 15, the 
process is terminated. If not, a new set of values for the 
As and the process repeated. 

Various modifications to the present invention will 
become apparent to those skilled in the art from the fore 
going description and accompanying drawings. 
Accordingly, the present invention is to be limited Solely by 
the Scope of the following claims. 
What is claimed is: 
1. A computer readable Storage medium for Storing a 

program which when processed by a digital computer causes 
a reduction in the usage of memory in Said digital computer 
used to Simulate the response of a circuit to one or more 
Stimulating Signals, Said circuit being represented by N 
nodes, where N is an integer greater than 1, each node being 
connected to one or more devices that act as a Source of 
current for that node, Said nodes being held at a set of 
potentials represented by 

H 

x(t) = x, e. 

where X,-,-X, , , in runs from 1 to N, and H is an integer 
greater 0, said program determining values for said X, by 
iteratively computing a new estimate for X=(Xo,..., XI, 
X20, ..., X2,..., XNo. . . . Xyr) from a previous estimate 
for X based on F, for n from 1 to N and h from 0 to H, 
wherein F, is the net current flowing into node n at 
frequency (), Said net current comprising a non-linear 
resistive component r(X(t)) and a non-linear charge Storage 
component q(x(t)), where x(t) is a vector having compo 
nents x(t), Said program comprising steps of: 

defining a set of mapped frequencies {o} wherein 
Osks S, SaH, there being an integer valued function, 
1.(h), such that 0s u(h)sS and co, is mapped to any 
wherein () is an integer and Cozco if kzk'; 

defining a starting value for X; and 
determining said value of X for which F=(Fo, . . . , F, 
Fo . . . , F2, , . . . , Fyo. . . . Fv1) is 0 in an iterative 
procedure, each iteration comprising the Steps of: 
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generating the quantities 

are(ict.) 
CPA = dxp s 

where C. and Brun from 1 to N, and s runs from 0 to 
2S-1, 

generating the quantities ("A PA, . . . , PA) 
from ("Po, P., . . . , 's) by taking said 
Fourier transform of ("o, “..... , 's-), and 
Storing in Said memory the Set of values 

and 
utilizing Said Stored values to compute a product of a 

Jacobian matrix of F times a vector, wherein 

a. S 

x(t) = X, Xeiruth), () - SX, 

and wherein there is at least one value of PA Such that 
Szu(m)+u(n) and Szu(m)-u(n), for Osm,ns H which is not 
Stored in Said memory during Said iteration. 

2. The medium of claim 1 wherein Said Step of computing 
Said product of Said Jacobian further comprises the Steps of 
defining (PA, PA, . . . , 'As) according to 

of A. : { 

and transforming ("A 'A, . . 
single-sided inverse FFT. 

3. The medium of claim 1 wherein, for at least one of Said 
iterations, Said values of PA are approximated by 0 for 
SSS, S, being less than Said maximum value of S for 
which S=p(m)+u(n) or S=p(m)-u(n). 

4. The medium of claim 1 wherein PA is approximated 
by 0 if the absolute value of PA is less than a threshold 
value. 

PA, if there is an h such that S = u(h) 
O, otherwise 

., “As) utilizing a 
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5. The medium of claim 1 further comprising the steps of 

generating the quantities 

dqo (ts) 
dxp Pop. = s 

where C. and B run from 1 to N, and s runs from 0 to 2S-1; 
generating the quantities ('do, “Pop,..., “Pops) from 

("po, “Pop, . . . , 'Pops) by taking said Fourier 
transform of ('po, “Pop, ..., “Pops), and storing in 
Said memory the Set of values 

and 

utilizing Said Stored values to compute a product of Said 
Jacobian matrix of F times a vector, wherein there is at 
least one value of 'd such that Szu(m)+u(n) and 
Szu(m)-u(n), for Osm,ns H which is not stored in Said 
computer during Said iteration. 

6. The medium of claim 5 wherein said step of computing 
Said product of Said Jacobian further comprises the Steps of 
defining an array ('do, 'd, . . . , 'ds) according to 

ofdb. : { 

transforming (Pd, Pd, ... 
inverse Fourier transform. 

7. The medium of claim 5 wherein, for at least one of said 
iterations, Said values of Pap, are approximated by 0 for 
SSS, S, being less than Said maximum value of S for 
which S=p(m)+u(n) or S=p(m)-u(n). 

8. The medium of claim 5 wherein Pd, is approximated 
by 0 if the absolute value of Pd, is less than a threshold 
value. 

Bdbh, if there is an h such that S = u(h) 
O, otherwise 

, “Pds) via a single sided 


